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@ Communication system capable of improving a speech quality by classifying speech signals. 

@ In an encoder device which is for use in combination with a decoder device in a communication system and 
which encodes a sequence of digital speech signals into a sequence of output signals by the use of a spectrum 
parameter and a pitch parameter, a subsidiary parameter of the digital speech signals is detected and by a 
monitoring circuit to classify the digital speech signals into a voiced sound and a voiceless sound or into 
vocality. nasal, fricative, and explosive at every frame. On detection of the voiced sound orlhe vocality. a 
predetennined number of excitation pulses are calculated only during a representative subframe after dividing 
each frame into a plurality of subframes by the use of the pitch parameter and are produced as primary sound 
source signals together with a subsidiary information signal which is produced during the remaining subframes 
and which may be representative of a correction factor of an amplitude and a phase in each of the subframes. 
On detection of the voiceless sound or the nasal, the fricative, and the explosive, noise signals and/or a plurality 
of excitation pulses are calculated for each frame and produced as secondary sound source signals. Alter- 
natively, the subsidiary parameter may represent periodicity of an impulse response of a synthesizing filter 
fonmed by the spectrum parameter. 



CM 
< 

LO 
CM 

O 

CO 
CO 



Q. 

LU 




FIG. 1 



Xerox Copy Centre 



BNSDOCID; <EP 0360265A2J_> 



EP 0 360 265 A2 



COMMUNICATION SYSTEM CAPABLE OF IMPROVING A SPEECH QUALITY BY CLASSIFYING SPEECH 

SIGNALS 



Background of the Invention: 

This invention relates to a communication system which comprises an encoder device for encoding a 
sequence of digital speech signals into a set of excitation pulses and/or a decoder device connmunicable 
5 with the encoder device. 

As known in the art. a conventional communication system of the type described is helpful for 
transmitting a speech signal at a low transmission bit rate, such as 4.8 kb/s from a transmitting end to a 
receiving end. The transmitting and the receiving ends comprise an encoder device and a decoder device 
which are operable to encode and decode the speech signals, respectively, in the manner which will 
70 presently be described more in detail. A wide variety of such systems have been proposed to improve a 
speech quality reproduced in the decoder device and to reduce a transmission bit rate. 

Among others, there has been known a pitch interpolation multi-pulse system which has been proposed 
in Japanese Unexamined Patent Publications Nos. Syo 61-15000 and 62-038500, namely. 15000/1986 and 
038500/1987 which may be called first and second references, respectively. In this pitch interpolation multi- 
75 phase system, the encoder device is supplied with a sequence of digital speech signals at every frame of, 
for example, 20 milliseconds and extracts a spectrum parameter and .a pitch parameter which will be called 
first and second primary parameters, respectively. The spectrum parameter is representative of a spectrum 
envelope of a speech signal specified by the digital speech signal sequence while the pitch parameter is 
representative of a pitch of the speech signal. Thereafter, the digital speech signal sequence is classified 

20 into a voiced sound and an unvoiced sound which last for voiced and unvoiced durations, respectively. In 
addition, the digital speech signal sequence is divided at every frame into a plurality of pitch durations 
which may be referred to as subframes. respectively. Under the circumstances, operation is carried out in 
the encoder device to calcutete a set of excitation pulses representative of a sound source signal specified 
by the digital speech signal sequence. 

25 More specifically, the sound source signal is represented for the voiced duration by the excitation pulse 
set which is calculated with respect to a selected one of the pitch durations that may be called a 
representative duration. From this fact, it is understood that each set of the excitation pulses is extracted 
from intermittent ones of the subframes. Subsequently, an amplitude and a location of each excitation pulse 
of the set are transmitted from the transmitting end to the receiving and along with the spectrum and the 

30 pitch parameters. On the other hand, a sound source signal of a single frame is represented for the 
unvoiced duration by a small number of excitation pulses and a noise signal. Thereafter, an amplitude and a 
location of each excitation pulse is transmitted for the unvoiced duration together with a gain and an index 
of the noise signal. At any rate, the amplitudes and the locations of the excitation pulses, the spectrum and 
the pitch parameters, and the gains and the indices of the noise signals are sent as a sequence of output 

35 signals from the transmitting end to a receiving end comprising a decoder device. 

On the receiving end, the decoder device is supplied with the output signal sequence as a sequence of ' 
reception signals which caries information related to sets of excitation pulses extracted from frames, as 
mentioned above. Let considerations be made about a current set of the excitation pulses extracted from a 
representative duration of a cun-ent one of the frames and a next set of the excitation pulses extracted from 

40 a representative duration of a next one of the frames following the current frame. In this event, interpolation 
is carried out for the voiced duration by the use of the amplitudes and the locations of the current and the 
next sets of the excitation pulses to reconstruct excitation pulses in the remaining subframes except the 
representative durations and to reproduce a sequence of driving sound source signals for each frame. On 
the other hand, a sequence of driving sound source signals for each frame is reproduced for an unvoiced 

45 duration by the use of indices and gains of the excitation pulses and the noise signals. 

Thereafter, the driving sound source signals thus reproduced are given to a synthesis filter formed by 
the use of a spectrum parameter and are synthesized into a synthesized sound signal. 

With this stnjcture, each set of the excitation pulses is intermittently extracted from each frame in the 
encoder device and is reproduced into the synthesized sound signal by an interpolation technique in the 

50 decoder device. Herein, it is to be noted that intermittent extraction of the excitation pulses makes it difficult 
to reproduce the driving sound source signal in the encoder device at a transient portion at which the sound 
source signal is changed in its characteristic. Such a transient portion appears when a vowel is changed to 
another vowel on concatenation of vowels in the speech signal and when a voiced sound is changed to 
another voiced sound. In a frame including such a transient portion, the driving sound source signals 
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reproduced by the use of the interpolation technique is terribly different from actual sound source signals, 
which results in degradation of the synthesized sound signal in quality. 

Further, the above-mentioned pitch interpolation multi-pulse system is helpful to conveniently represent 
the sound source signals when the sound source signals have distinct penodicty. However, the sound 
source Signals do not practically have distinct periodicity at a nasal portion w,t .n the voiced duration 
Sore it is difficult to correctly or completely represent the sound source signals at the nasal portion by 

Tr^':CT:r:ZTe^^^^^ by a perceptu^ expe.ment that the transient portion and the 
nasal port on are very important for perceptivity of phonemes and for perceptivity 
fee. ng under the circumstances, it is readily understood tinat a natural sound cannot be -P^^^"^^^^^^^^^^ 
voiced duration by the conventional pitch interpolation multi-pulse system because of an incomplete 
reDroduction of the transient and the nasal portions. 

Moreover, the sound source signals are represented by a combination ^'^-^^J^StL^^^^^^^^^ 
noise Signals for the unvoiced duration in the above-mentioned system, as descnbed before. It has been 
normTL sold source of a fricative is also represented by a noise signal during a ccnsonan ^peering 
or Te loced duration. This means that it is difficult to reproduce a syntt,es.zed sound ^S"-' °» ^ l^'Sj 
qua^ty when the speech signals are classified into two species of sounds, such as voiced and unvoiced 

It'fs mentioned here that the spectrum parameter for a spectmm envelope is 9^"^;^;''^^;'^';: 
encoder device by analyzing the speech signals by the use of a linear prediction <==f '"9 J^PC^ ^^^^^^ 
and is used In a decoder device to form a synttiesis filter. Thus, the synthesis .Her is formed by he 
sSeclum parameter derived by the use of the linear prediction coding technique and has a fHter 
raJcterlsSc detem^ined by th/spectrum envelope. However, when fern^e sounds. ^^P^^^'^;,-^^ 
-u- are analyzed by tiie linear prediction coding technique, it has been pointed out 
influence appears in a fundamental wave and its harmonic waves of ^^^l^^^'!;^^- '^^^^'''^l 
syndesis fHter has a band width which is very narrower than a practical band wictth determm«=i Jjy a 
Jpectrum envelope of practical speech signals. Particularly, the band width of the synthesis ^'^e; bec°m«s 
SemeTy nai^ow in a frequency band which corresponding to a first formant frequency band. A a result 
nrScrtTof a pitch appears in a reproduced sound source signal. Therefore, a speech qu^ity of he 
sXi«d sound signal fs unfavorably degraded when the sound source signals are represented by the 
exJaYrpufses e^^^^^ by the use of the interpolation technique on the assumption of the penodicity of 
the sound source. 



35 Sumnrtary of the invention: 

It is an object of this invention to provide a communication system whichjs "Pf ''"P^'^'J^ a 
speech quality when digital speech signals are encoded at a transmitting end and reproduced at a receiving 

.0 '"'it is another object of this invention to provide an encoder which is used in the '^"f)^^^^^^ 

communication system and which can encode the digital speech signals into a sequence of output signals 
at a comparatively small amount of calculation so as to improve the speech quality. ■ • „ „„h 

It is stillotL object of this invention to provide a decoder device which is used in ttie receiving end 
and which can reproduce a synthesized sound signal at a high speech quality. 
45 In encoder device to which this invention is applicable is supplied with a sequence °t digital speech 
signals at every frame to produce a sequence of output signals. The encoder device compnses parameter 
ca^u Lion r^eans responsive to the digital speech signals for calculating first and second prrn^a^ 
pa^ame e s which specSy a spectrum envelope and a pitch of the digital speech signals at every^ar^e to 
SrSuS ffrst and second parameter signals representative of the spectrv^m envelope and the p^h 
SSve y primary calculation means coupled to the parameter calculation means for calculating a set o 
cSr^^^^^^^^ signals representative of the digital speech signals, and ^^^^^^^j^^^^^^^^^^^ 
oroducing the set of the calculation result signals as the output signal sequence. According to a" aspe« ot 
this invention the encoder device comprises subsidiary parameter monitoring nneans operable coopera- 
on wJh the parameter calculation means for monitoring a subsidiary parameter -^^'^ 
i^st and the second primary parameters to specify the digital '^^^'^f'^^^l.^^^^^^^^ 
parameter monitoring means tiiereby produces a monitoring result signal '^P^^^^";j;^' °* "/"'"^^ 
monitorina the subsidiary parameter. The primary calculation means comprises processing means supplied 
S tSe dij'tel speech si^n'als, the first and the second primary parameter signals, and the monitonng result 
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signal for processing the digital speech signals to selectively produce a first set of prinr^ary sound source 
signals and a second set of secondary sound source signals different from the first set of the primary sound 
source signals. The first set of the primary sound source signals is formed by a set of excitation pulses 
calculated with respect to a selected one of subframes which result from dividing every frame in 

5 dependency upon the second prinnary parameter signal and each of which is shorter than the frame and a 
subsidiary information signal calculated with respect to the remaining subframes except the selected one of 
the subframes on production of the set of the excitation pulses. The primary calculation means further 
comprises means for supplying a combination of the primary and the secondary sound source signals to 
the output signal producing means as the calculation result signals. 

10 A decoder device is communicable with the encoder device mentioned above to produce a sequence of 
synthesized speech signals. The decoder device is supplied with the output signal sequence as a sequence 
of reception signals which carries the primary sound source signals, the secondary sound source signals, 
the first and the second primary parameters, and the subsidiary parameter. According to another aspect of 
this invention, the decoder device comprises demultiplexing means supplied with the reception signal 

?5 sequence for demultiplexing the reception signal sequence into the primary and the secondary sound 
source signals, the first and the second primary parameters, and the subsidiary parameter as primary and 
secondary sound source codes, first and second parameter codes, and a subsidiary parameter code, 
respectively. The primary sound source codes convey the set of the excitation pulses and the subsidiary 
information signal which are demultiplexed into excitation pulse codes and a subsidiary information code, 

20 respectively. The decoder device further comprises reproducing means coupled to the demultiplexing 
means for reproducing the primary and the secondary sound source codes into a sequence of driving 
sound source signals by using the subsidiary information signal, the first and the second parameter codes, 
and the subsidiary parameter code, and means coupled to the reproducing means for synthesizing the 
driving sound source signals into the synthesized speech signals. 

25 

Brief Description of the Drawing: 

Rg. 1 is a block diagram of an encoder device according to a first embodiment of this invention; 
30 Rg. 2 is a diagram for use in describing an operation of a part of the encoder device illustrated in 

Fig. 1; 

Rg. 3 is a time chart for use in describing an operation of another part of the encoder device 
illustrated in Rg. 1; . 

Rg. 4 is a block diagram of a decoder device which is communicable with the encoder device 
35 illustrated in Rg. 1 to form a communication system along with the encoder device; 

Rg. 5 is a block diagram of an encoder device according to a second embodiment of this invention; 

and 

Rg. 6 is a block diagram of a communication system according to a third embodiment of this 
invention. 

40 

Description of the Preferred Embodiments: 

Referring to Rg. 1, an encoder device according to a first embodiment of this invention is supplied with 
a sequence of system input speech signals IN to produce a sequence of output signals OUT. The system 

45 input signal sequence IN is divisible into a plurality of frames and is assumed to be sent from an external 
device, such as an analog-to-digital converter (not shown) to the encoder device. The system input signal 
sequence IN carries voiced and voiceless sounds which last for voiced and voiceless durations, respec- 
tively. Each frame may have an interval of, for example, 20 milliseconds. The system input speech signals 
IN are stored in a buffer memory 21 at every frame and thereafter delivered as a sequence of digital 

50 speech signals DG to a parameter calculation circuit 22 at every frame. The illustrated parameter calculation 
circuit 22 comprises a K parameter calculator 221 and a pitch parameter calculator 222 both of which are 
given the digital speech signals DG in parallel to calculate K parameters and a pitch parameter in a known 
manner. The K parameters and the pitch parameter will be referred to as first and second primary 
parameters, respectively. 

55 Specifically, the K parameters are representative of a spectrum envelope of the digital speech signals at 
every frame and may be collectively called a spectrum parameter. The K parameter calculator 221 analyzes 
the digital speech signals by Ihe use of the linear prediction coding technique known in the art to calculate 
only first through M-th orders of K parameters. Calculation of the K parameters are described in detail in the 

4 

BNSDOCID: <EP 0360265A2J_> 



EP 0 360 265 A2 



first and the second references which are referenced in the preamble of the instant specification. The K 
parameters are identical with PARCOR coefficients. At any rate, the K parameters calculated in the K 
parameter calculator 221 are sent to a K parameter coder 223 and are quantized and coded into coded K 
parameters Kc each of which is composed of a predetermined number of bits. The coded K parameters Kc 

5 are delivered to a multiplexer 24. Furthermore, the coded K parameters Kc are decoded within the K 
parameter calculator 211 into decoded K parameters and are converted into linear prediction coefficients a; 
(i = 1 - M). The linear prediction coefficients a/ are supplied to a primary calculation circuit 25 in a manner 
to be described later in detail. The coded K parameters and the linear prediction coefficients ai come from 
the K parameters calculated by the K parameter calculator 221 and are produced in the form of electric 

70 signals which may be collectively called a first parameter signal. 

In the parameter calculator 22, the pitch parameter calculator 222 calculates an average pitch period 
from the digital speech signals to produce as the pitch parameter the average pitch period at every frame 
by a correlation method which is also described in the first and the second references and which therefore 
will not be mentioned hereinunder. Alternatively, the pitch parameter may be calculated by the other known 

75 methods, such as a cepstrum method, a SIFT method, a modified correlation method. In any event, the 
average pitch period thus calculated is coded by a pitch coder 224 into a coded pitch parameter Pc of a 
preselected number of bits. The coded pitch parameter Pc is sent as an electric signal. In addition, the 
pitch parameter is also decoded by the pitch parameter coder 224 into a decoded pitch parameter Pd 
which is produced in the form of an electric signal. At any rate, the coded and the decoded pitch 

20 parameters Pc and Pd are sent to the multiplexer 24 and the excitation pulses calculation circuit 25 as a 
second primary parameter signal representative of the average pitch period. 

In the example being illustrated, the primary calculation circuit 25 is supplied with the digital speech 
signals DG at every frame along with the linear prediction coefficients a{ and the encoded pitch parameter 
Pd to successively produce a set of calculation result signals EX representative of sound source signals in a 

25 manner to be described later. To this end. the primary calculation circuit 25 comprises a subtracter 31 
responsive to the digital speech signals DG and a sequence of local decoded speech signals Sd to produce 
a sequence of error signals E representative of differences between the digital and the local decoded 
speech signals DG and SD. The error signals E are sent to a weighting circuit 32 which is supplied with the 
linear prediction coefficients a/. In the weighting circuit 32. the error signals E are weighted by weights 

30 which are determined by the linear prediction coefficients a;'. Thus, the weighting circuit 32 calculates a 
sequence of weighted errors in a known manner to supply the same to a cross-con-elator 33. 

On the other hand, the linear prediction coefficients a/ are also sent from the K parameter coder 223 to 
an impulse response calculator 34. Responsive to the linear prediction coefficients a\ , the impulse response 
calculator 34 calculates, in a known manner, an impulse response hw(n) of a synthesizing filter which may 

35 be subjected to perceptual weighting and which is determined by the linear prediction coefficients ai where 
n represents sampling instants of the system input speech signals IN. The impulse response hw(n) thus 
calculated is delivered to both the cross-correlator 33 and an autocorrelator 35. 

The cross-corelator 33 is given the weighted errors Ew and the impulse response hw(n) to calculate a 
cross-con-elation function or coefficient Rhe(nx) for a predetermined number N of samples in a well known 

40 manner where nx represents an integer selected between unity and N, both inclusive. 

The autocorrelator 35 calculates an autocorrelation or covariance function or coefficient Rhh{n) of the 
impulse response hv,(n) for a predetermined delay time t. The autocorrelation function Rhh{n) »s delivered to 
a sound source signal calculator 36 along with the cross-correlation function RheinJ. The cross-correlator 33 
and the autocorrelator 35 may be similar to those described in the first and the second references and will 

45 not be described any longer. 

Herein, it is to be noted that the illustrated sound source signal calculator 36 is connected to a noise 
memory 37 and a correction factor calculator 39 included in the primary calculation circuit 25 and also to a 
discriminator or a classifying circuit 40 located outside of the primary calculation circuit 25. 

The classifying circuit 40 is supplied with the digital speech signals DG, the pitch parameter, and the K 

50 parameters from the buffer memory 21. the pitch parameter calculator 222, and the k paranneter calculator 
221 , respectively. 

Temporarily referring to Fig. 2 together with Rg. 1 . the illustrated classifying circuit 40 is for use in 
classifying the speech signals, namely, the digital speech signals DG, into a vowel and a consonant which 
last during a vowel duration and a consonant duration, respectively. The vowel usually has periodicity while 
55 the consonant has not. Taking this into consideration, the digital speech signals are classified into periodical 
sounds and unperiodical sounds in Fig. 2. Moreover, the periodical sounds are further classified into vocality 
and nasals while the unperiodical sounds are classified into fricatives and explosives, although the nasals 
have weak periodicity as compared with the vocality. In other words, a speech signal duration of the digital 
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speech signals is divisible into a vocality duration, a nasal duration, a fricative duration, and an explosive 
duration. 

In Fig. 1, the vocality. the nasal, the fricative, and the explosive are monitored as a subsidiary 
parameter in the classifying circuit 40. Specifically, the classifying circuit 40 classifies the digital speech 

5 signals into four classes specified by the vocality the nasal, the fricative, and the explosive and judges 
which one of the classes each of the digital speech signals belongs to. As a result, the classifying circuit 40 
produces a monitoring result signal MR representative of a result of monitoring the subsidiary parameter. 
This shows that the monitoring result signal MR represents a selected one of the vocality, the nasal, the 
fricative, and the explosive durations and lasts for the selected one of them. For this purpose, the 

10 classifying circuit 40 detects power or a root means square (rms) value of the power of the digital speech 
signals DG, a variation of the power at every short time of, for example, 5 milliseconds, a rate of variation of 
the power, and a variation or a rate of the variation of a spectrum occurring for a short time, and a pitch 
gain which can be calculated from the pitch parameter. For example, the classifying circuit 40 detects the 
power or the rms of the digital speech signals to determine either the vowel duration or the consonant 

75 duration. 

On detection of the vowel, the classifying circuit 40 detects either the vocality or the nasal. In this event, 
the monitoring result signal MR is representative of either the vocality or the nasal. Herein, it is possible to 
discriminate the nasal duration from the vocality duration by using the power or the rms, the pitch gain, and 
a first order log area ratio ri of the K parameter which is given by: 
'20 ri = 20log[(1 -Ki)/(1 + Ki)], 

where Ki is representative of a first order k parameter. Specifically, the classifying circuit 40 discriminates 
the vocality when the powder or the rms exceeds a first predetermined threshold level and when the pitch 
gain exceeds a second predetermined threshold level. Otherwise, the classifying circuit 40 discriminates the 
nasal. 

25 On detection of the consonant, the classifying circuit 40 discriminates whether the consonant is fricative 
or explosive to determine the fricative duration or the explosive one to produce the monitoring result signals 
MR representative of the fricative or the explosive. Such discrimination of the fricative or the explosive is 
possible by monitoring the power of the digital speech signals DG at every short time of, for example, 5 
milliseconds, a ratio of power between a low frequency band and a high frequency band, a variation of the 

30 rms, and the rate of the variation, as known in the art. Thus, discrimination of the vocality. the nasal, the 
fricative, and the explosive can be readily done by the use of 'a conventional method. Therefore, the 
classifying circuit 40 will not be described any longer. 

In Rg. 1 . the monitoring result signal MR is representative of a selected one of the vocality, the nasal, 
the fricative, and the explosive and is sent to the sound source signal calculator 36 together with the cross- 

35 correlation coefficient Rhe(nx). the autocorrelation coefficient Rhh(n), and the decoded pitch parameter Pd. In 
addition, the sound source signal calculator 36 is operable in combination with the noise memory 37 and 
the correction factor calculator 39 in a manner to be described later. 

Referring to Rg. 3 in addition to Fig. 1 , the sound source signal calculator 36 at first divides a single 
one of the frames into a predetermined number of subframes or pitch periods each of which is shorter than 

40 each frame, as illustrated in Rg. 3(a), when the monitoring result signal MR is representative of the vocality. 
To this end, the average pitch period is calculated in the sound source signal calculator 36 in a known 
manner and is depicted at t' in Rg. 3(a). In Fig. 3(a), the illustrated frame is divided into first through fourth 
subframes sfi to sf* and the remaining duration sfs. Subsequently, one of the subframes is selected as a 
representative subframe or duration in the sound source signal calculator 36 by a method of searching for 

45 the representative subframe. 

Specifically, the sound source signal calculator 36 calculates a preselected number L of excitation 
pulses at every subframe, as Illustrated in Fig. 3(b). The preselected number L is equal to four in Fig. 3(b). 
Such calculation of the excitation pulses can be carried out by the use of the cross-correlation coefficient 
Rhe(nx) and the autocorrelation coefficient RHH(n) in accordance with methods described in the first and the 

50 second references and in a paper contributed by Araseki, Ozawa, and Ochiai to GLOBECOM 83, IEEE 
Global Telecommunications Conference, No. 23.3, 1983 and entitled "Multi-pulse Excited Speech Coder 
Based on Maximum Cross-correlation Search Algorithm". The paper will be referred to as a third reference 
hereinafter. At any rate, each of the excitation pulses is specified by an amplitude q\ and a location mi 
where i represents an integer between unity and L, both inclusive. For brevity of description, let the second 

55 subfrarne sh be selected as a tentative representative subframe and the excitation pulses. L in number, be 
calculated for the tentative representative subframe. In this event, the correction factor calculator 39 
calculates an amplitude correction factor c^ and a phase correction factor d^ as to the other subframes sf i , 
sf3. sf4, and sfs except the tentative representative subframe sf2, where k is 1. 3, 4, or 5 in Fig. 3. At least 
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one of the amplitude and the phase correction factors Ck and dh may be calculated by the correction factor 
calculator 39, instead of calculations of both the amplitude and the phase correction factors Ck and dk. 
Calculations of the amplitude and the phase correction factors Ck and dk can be executed in a known 
manner and will not be described any longer. 

The illustrated sound source signal calculator 36 is supplied with both the amplitude and the phase 
correction factors Ck and dk to form a tentative synthesizing filter within the sound source signal calculator 
36. Thereafter, synthesized speech signals Xk(n) are synthesized in the other subframes sfk. respectively, by 
the use of the amplitude and the phase correction factors Ck and dk and the excitation pulses calculated in 
relation to the tentative representative subframe. Furthermore, the sound source signal calculator 36 
continues processing to minimize weighted error power Ek with reference to the synthesized speech signals 
Xk(n) of the other subframes skk. The weighted error power Ek >s given by: 
Ek = S ([Xk(n) - x',(n)rw(n))2 (1) 
n 

where \(n) = Ck Z gi*h(n - m; - T - dk) (2) 

1 

and where w(n) is representative of an impulse response of a perceptual weighting filter; * is representative 
of convolution; and h(n) is representative of an impulse response of the tentative synthesizing filter. The 
perceptual weighting filter may not be always used on calculation of Equation (1). From Equation (1). 
minimum values of the amplitude and the phase con-ection factors Ck and dk are calculated in the sound 
20 source signal calculator 36. To this end. a partial differentiation of Equation (1) is carried out with respect to 
Ck with dk fixed to render a result of the partial differentiation into zero. Under the circumstances, the 
amplitude correction factor Ck is given by:^ 
Ck = {(Sxwk(n) X.k(n)y(( 2-x^k(n) x,,(n)), (3) 
n n 

25 where Xwk = Xk(nrw(n) (4a) ^ 

and Xwk = ^gi'hi(n -mi-T -dk)V(n). (4b) 

Thereafter, 'the illustrated sound source signal calculator 36 calculates values of Ck as regards various 

kinds of dk by the use of Equation (3) to search for a specific combination of dk and Ck which minimizes 

Equation (3). Such a specific combinations of dk and Ck makes it possible to minimize a value of Equation 
30 (1) Similar operation is carried out in connection with all of the subframes except the tentative representa- 

tive subframe sfa to successively calculate combinations of Ck and dk and to obtain the weighted error 

power £ given by: 



35 



40 



45 



SO 



55 



k ^ 

where N is representative of the number of the subframes included in the frame in question. Herein, it is 
noted that weighted error power Ez in the second subframe. namely, in the tentative representative 
subframe sh* is calculated by: 

E2 - S([x(n)- S:g,-h{n-m,)]V(n))2. (6) . . . • *k 

Thus, a succession of calculations is completed are regards the second subframe sh to obtain the 

weighted error electric power E. 

Subsequently, the third subframe sh is selected as the tentative representative subframe. Similar 
calculations are repeated as regards the third subframe sfa by the use of Equations (1) through (6) to obtain 
the weighted error power E. Thus, the weighted error power E is successively calculated with each of the 
subframes selected as the tentative representative subframe. The second source signal calculator 36 
selects minimum weighted error power determined for a selected one of the subframes sf, through sti that 
is finally selected as the representative subframe. The excitation pulses of the representative subframe are 
produced in addition to the amplitude and the phase correction factors Ck and dk calculated from the 
remaining subframes. As a result, sound sourace signals v(n) of each frame are represented by a 
combination of the above-mentioned excitation pulses and the amplitude and the phase correction factors Ck 
and dk for the vocality duration and may be called a first set of primary sound source signals. In this event, 
the sound source signals Vk(n) are given during the subframes depicted at sfk by: 

Vk(n) = Ck r gi'5(n - mi - T - dk). (7) . . u • i i.An 

herein, let the sound source signal calculator 36 be supplied with the monitonng result signal MR 
representative of the nasal. In this case, the illustrated sound source signal calculator 36 represents the 
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sound source signals by pitch prediction multi-pulses and muiti -pulses for a single frame. Such pitch 
prediction multi-pulses can be produced by the use of a method described in Japanese Unexamined Patent 
Publication No. Syo 59-13, namely, 13/1984 (to be referred to as a fourth reference), while the multi-pulses 
can be calculated by the use of the method described in the third reference. At any rate, the pitach 
5 prediction multi-pulses and the muiti-pulses are calculated over a whole of the frame during which the nasal 
is detected by the classifying circuit 40 and may be called excitation pulses. 

Furthermore, it is assumed that the classifying circuit 40 detects either the fricative or the explosive to 
produce the monitoring result signal MR representative of either the fricative or the explosive. Specifically, 
let the fricative be specified by the monitoring result signal MR. In this event, the illustrated sound source 
'70 signal calculator 36 cooperates with the noise memory 37 which memorizes indices and gains representa- 
tive of species of noise signals. The indices and the gains may be tabulated in the form of code books, as 
mentioned in the first and the second references. 

Under the circumstances, the sound source signal calculator 36 at first divides a single frame in 
question into a plurality of subframes like in the vocality duration on detection of the fricative. Subsequently, 
75 processing is earned out at every subframe in the sound source signal calculator 36 to calculate the 
predetermined number L of the multi-pulses or excitation pulses and to thereafter read a combination 
selected from combinations of the indices and the gains out of the noise memory 37. As a result the 
amplitudes and the locations of the excitation pulses are produced as sound source signals by the sound 
source signal calculator 36 together with the index and the gain of the noise signal which are sent from the 
20 noise memory 37. 

In addition, let the explosive be detected by the classifying circuit 40 and the monitoring result signal 
MR be representative of the explosive. In this event, the sound source signal calculator 36 searches for 
excitation pulses of a number determined for a whole of a single frame and calculates amplitudes and 
locations of the excitation pulses over the whole of the single frame. The amplitudes and the locations of 
25 the excitation pulses are produced as sound source signals like in the fricative duration. 

Thus, the illustrated sound source signal calculator 36 produces, during the nasal, the fricative, and the 
explosive, the sound source signals EX which are different from the primary sound source signals and 
which may be called a second set of secondary sound source signals. 

In any event, the primary and the secondary sound source signals are delivered as the calculation 
30 result signal EX to a coding circuit 45 and coded into a set of coded signals. More particularly, the coding 
circuit 45 is supplied during the vocality with the amplitudes g-, and the locations mj of the excitation pulses 
derived from the representative duration as a part of the primary sound source signals. The amplitude 
correction factor c^ and the phase correction factor dk are also supplied as another part of the primary 
sound source signals to the coding circuit 45. In addition, the coding circuit 45 is supplied with a subframe 
35 position signal ps representative of a position of the representative subframe. The amplitudes gi, the 
locations m^ the subframes position signal ps, the amplitude correction factor Ck, and the phase correction 
factor dk and coded by the coding circuit 45 into a set of coded signals. The coded signal set is composed 
of coded amplitudes, coded locations, a coded subframe position signal, a coded amplitude correction 
factor, and a coded phase correction factor, ail of which are represented by preselected numbers of bits, 
40 respectively, and which are sent to the multiplexer 24 to be produced as the output signal sequence OUT. 

Furthermore, the coded amplitudes, the coded locations, the coded subframe position signal, the coded 
amplitude correction factor, and the coded phase correction factor are decoded by the coding circuit 45 into 
a sequence of decoded sound source signals DS. 

During the nasal, the fricative, and the explosive, the coding circuit 45 codes amplitudes and locations 
45 of the multi-pulses, namely, the excitation pulses into the coded signal set on one hand and decodes the 
excitation pulses into the decoded sound source signal sequence DS on the other hand. In addition, the 
gain and the index of each noise signal are coded into a sequence of coded noise signals during the 
fricative duration by the coding circuit 45 as the decoded sound source signals DS. 

The illustrated sound source signal calculator 36 can be implemented by a microprocessor which 
• 50 executes a software program. Inasmuch as each operation itself executed by the calculator 36 is individually 
known in the art. it is readily possible for those skilled In the art to form such a software program for the 
illustrated sound source signal calculator 36. 

The decoded sound source signals DS and the monitoring result signal MR are supplied with a driving 
signal calculator 46. In addition, the driving signal calculator 46 is connected to both the noise memory 37 
55 and the pitch parameter coder 224. In this connection, the driving signal calculator 46 is also supplied with 
the decoded pitch parameter Pd representative of the average pitch period T while the driving signal 
calculator 46 selectively accesses the noise memory 37 during the fricative to extract the gain and the 
index of each noise signal therefrom like the sound source signal calculator 36. 

8 

BNSDOCID: <EP 0360265A2_L> 



EP 0 360 265 A2 



For the vocality duration, the driving signal calculator 46 divides each frame into a plurality of 
subframes by the use of the average pitch period t' like the excitation pulse calculator 45 and reproduces a 
plurality of excitation pulses within the representative subframe by the use of the subframe position signal 
ps and the decoded amplitudes and locations carried by the decoded sound source signals DS. The 
s excitation pulses reproduced during the representative subframe may be referred to as representative 
excitation pulses. During the remaining subframe, excitation pulses are reproduced into the sound source 
signals v(n) given by Equation (7) by using the representative excitation pulses and the decoded amplitude 
and phase correction factors carried by the decoded sound source signals DS. 

During the nasal, the fricative, and the explosive, the driving signal calculator 46 generates a plurality of 
JO excitation pulses in response to the decoded sound source signals DS. In addition, the driving signal 
calculator 46 reproduces a noise signal during the fricative by accessing the noise memory 37 by the index 
of the noise signal and by multiplying a noise read out of the noise memory 37 by the gain. Such a 
reproduction of the noise signal during the fricative is disclosed in the second reference and will therefore 
not be described any longer. At any rate, the excitation pulses and the noise signal are produced as a 
75 sequence of driving sound signals. 

Thus the driving source signals reproduced by the driving signal calculator 46 are delivered to a 
synthesizing filter 48. The synthesizing filter 48 is coupled to the K parameter coder 223 through an 
interpolator 50. The interpolator 50 converts the linear prediction coefficients a, into K parameters and 
interpolates K parameters at every subframe having the average pitch period T to produce interpolated K 
20 parameters. The interpolated K parameters are inversely converted into linear prediction coefficients which 
are sent to the synthesizing filter 48. Such interpolation may be also made about known parameters, such 
as log area ratios, except the K parameters. It is to be noted that no interpolation is carried out during the 
nasal and the consonant, such as the fricative and the explosive. Thus, the interpolator 50 supplies the 
synthesizing filter 48 with the linear prediction coefficients converted by the interpolator 50 dunng the 
25 vocality, as mentioned before. ^ , 

Supplied with the driving source signals and the linear prediction coefficients, the synthesizmg filter 48 
produces a synthesized speech signal for a single frame and an influence signal for the single frame. The 
influence signal is indicative of an Influence exerted on the following frame and may be produced in a 
known manner described in Unexamined Japanese- Patent Application No. Syo 59-116794. namely. 
30 116794/1984 which may be called a fifth reference. A combination of the synthesized speech signal and the 
influence signal is sent to the subtracter 31 as the local decoded speech signal sequence Sd. 

In the example being illustrated, the multiplexer 24 is connected to the classifying circuit 40. the coding 
circuit 45. the pitch parameter coder 224. and the k parameter coder 223. Therefore, the multiplexer 24 
produces codes which specify the above-mentioned sound sources and the monitoring result signal MR 
35 representative of the species of each speech signal. In this event, the codes for the sound sources and the 
monitoring result signal may be referred to as sound source codes and second species codes, respectively. 
The sound source codes include an amplitude correction factor code and a phase con-ection factor code 
together with excitation pulse codes when the vocality is indicated by the monitoring result signals MR. In 
addition, the multiplexer 45 produces codes which are representative of the subframe position signal, the 
40 average pitch period, and the K parameters and which may be called position codes, pitch codes, and k 
parameter codes, respectively. All of the above-mentioned codes are transmitted as the output signal 
sequences OUT. in this connection, a combination of the coding circuit 45 and the multiplexer 24 may be 
referred to as an output circuit for producing the output signal sequence OUT. 

Referring to Fig. 4, a decoding device is communicable with the encoding device illustrated in Fig. 1 
45 and is supplied as a sequence of reception signals RV with the output signal sequence OUT shown in Fig. 
1 The reception signals RV are given to a demultiplexer 51 and demultiplexed into the second source 
codes, the sound species codes, the pitch codes, the position codes, and the K parameter codes which are 
all transmitted from the encoding device illustrated in Fig. 1 and which are depicted at SS, SP, FT. PO, and 
KP respectively. The sound source codes SS include the first set of the primary sound source signals and 
the second set of the secondary sound source signals. The primary sound source signals carry the 
amplitude and the phase correction factors Ck and dk which are given as amplitude and phase correction 
factor codes AM and PH, respectively. . r ^ -.u 

The sound source codes SS and the species codes SP are sent to a main decoder 55. Supplied with 
the sound source codes SS and the species codes SP. the main decoder 55 reproduces exatation pulses 
from amplitudes and locations carried by the sound source codes SS. Such a reproduction of the excitation 
pulses is carried out during the representative subframe when the specifies codes SP represent the 
vocality. Otherwise, a reproduction of excitation pulses lasts for an entire frame. 

In the illustrated example, the species codes SP are also sent to a driving signal regenerator 56. The 
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amplitude and the phase correction factor codes AM and PH are sent as a subsidiary information code to a 
subsidiary decoder 57 to decoded into decoded amplitude and phase correction factors Am and Ph. 
respectively, while the pitch codes PT and the K parameter codes KP are delivered to a pitch decoder 58 
and a K parameter decoder 59. respectively, and decoded into decoded pitch parameters P' and decoded 

5 K parameters Ki , respectively. The decoded K parameters Ki' are supplied to a decoder interpolator 61 
along with the decoded pitch parameters p\ respectively. The decoder interpolator 61 is operable in a 
manner similar to the interpolator 50 illustrated in Fig, 1 and interpolates a sequence of K parameters over a 
whole of a single frame from the decoded K parameters Ki' to supply interpolated K parameters Kr to a 
reproduction synthesizing filter 62. On the other hand, the amplitude and the phase correction factor codes 

70 AM and PH are decoded by the subsidiary decoder 57 into decoded amplitude and phase correction factors 
Am and Ph, respectively, which are sent to driving signal regenerator 56. 

A combination of the main decoder 55. the driving signal regenerator 56, the subsidiary decoder 57, the 
pitch decoder 58, the K parameter decoder 59, the decoder interpolator 61 , and the decoder noise memory 
84 may be referred to as a reproducing circuit for producing a sequence of driving sound source signals. 

75 Responsive to the decoded amplitude and phase correction factors Am and Ph. the decoded pitch 
parameters P', the species codes SP, and the excitation pulses, the excitation pulse regenerator 56 
regenerates a sequence of driving sound source signals DS for each frame. In this event the driving sound 
source signals DS are regenerated in response to the excitation pulses produced during the representative 
subframe when the species codes SP is representative of the vocality. The decoded amplitude and phase 

20 correction factors Am and Ph are used to regenerate the driving sound source signals DS' within the 
remaining subframes. In addition, the preselected number of the driving sound source signals DS are 
regenerated for an entire frame when the species codes SP represent the nasal, the fricative, and the 
explosive. Moreover, when the fricative is indicated by the species codes SP, the excitation pulse 
regenerator 56 accesses the decoder noise memory 64 which is similar to that illustrated in Rg. 1 . As a 

25 result, an index and a gain of a noise signal are read out of the decoder noise memory to be sent to the 
excitation pulse regenerator 56 together with the excitation pulses for an entire frame. 

At any rate, the driving sound source signals DS' are sent to the synthesizing filter circuit 62 along with 
the interpolated K parameters Kr. The synthesizing filter circuit 62 is operable in a manner described in the 
fifth reference to produce, as every frame, a sequence of synthesized speech signals Rs which may be 

30 depicted at x (n). 

Referring to Rg. 5, an encoding device according to a second embodiment of this invention is similar in 
structure and operation to that Illustrated in Rg. 1 except that the primary calculation circuit 25 shown in 
Rg. 5 comprises a periodicity detector 65 and a threshold circuit a periodicity to the periodicity detector 66. 
The periodicity detector 66 is operable in cooperation with a spectrum calculator, namely, the K parameter 

35 calculator 221 to detect periodicity of a spectrum parameter which is exemplified by the K parameters. To 
this end, the periodicity detector 66 converts the K parameters into linear prediction coefficients a\ and 
forms a synthesizing filter by the use of the linear prediction coefficients ai, as already suggested here and 
there in the instant specification. Herein, it is assumed that such a synthesizing filter is formed in the 
periodicity detector 66 by the linear prediction coefficients aj obtained from the K parameters analyzed in 

40 the K parameter calculator 221. In this case, the synthesizing filter has a transfer function H(2) given by: 

H{2) = 1/(1 - £ a.z"^), (81 
t ^ 

45 

where a-, is representative of the spectrum parameter and p. an order of the synthesized filter. Thereafter, 
the periodicity detector 66 calculates an impulse response h(n) of the synthesized filter is given by: 

'° h(n) = E a.h(n - t) + G^in) , (n > 0), (9) 

i ^ 

where G is representative of an amplitude of an excitation source. 
55 As known in the art, it is possible to calculate a pitch gain Pg from the impulse response h(n). Under 
the circumstances, the periodicity detector 66 further calculates the pitch gain Pg from the impulse 
response h(n) of the synthesizing filter formed in the above-mentioned manner and thereafter compares the 
pitch gain Pg with a threshold level supplied from the threshold circuit 67. 
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Practically, the pitch gain Pg can be obtained by calculating an autocorrelation function of h(n) for a 
predetermined delay time and by selecting a maximum value of the autocorrelation function that appears at 
a certain delay time. Such calculation of the pitch gain can be carried out in a manner described in the first 
and the second references and will not be mentioned hereinafter. 

5 Inasmuch as the pitch gain Pg tends to increase as the periodicity becomes strong in the impulse 
response, the illustrated periodicity detector 66 detects that the periodicity of the impulse response in 
question is strong when the pitch gain Pg is higher than the threshold level. On detection of strong 
periodicity of the impulse response, the periodicity detector 66 weights the linear prediction coefficients aj 
by modifying ai into weighted coefficients ay, given by: 

10 aw = ai'H (1.^ i 2p). (10) 

where r is representative of a weighting factor and is a positive number smaller than unity. 

It is to be noted that a frequency bandwidth of the synthesizing filter depends on the above-mentioned 
weighted coefficients aw, especially, the value of the weighting factor r. Taking this into consideration, the 
frequency bandwidth of the synthesizing filter becomes wide with an increase of the value r. Specifically, an 

75 increased bandwidth B (Hz) of the synthesizing filter is given by: 
B = Fs/7r-tn(r)(H2). (11) 

Practically, when r and Fs of Equation (11) are equal to 0.98 and 8 kHz, respectively, the increased 
bandwidth B is about 50 Hz. 

From this fact, it is readily understood that the periodicity detector 66 inversely converts the weighted ' 

20 coefficients aw into weighted K parameters when the pitch gain Pg is higher than the threshold level. As a 
result, the K parameter calculator 221 produces the weighted K parameters. On the other hand, when the 
pitch gain Pg is not higher than the weighting factor r, the periodicity detector 66 inversely converts the 
linear prediction coefficients into unweighted K parameters. 

Inverse conversion of the linear prediction coefficients into the weighted K parameters or the unweigh- 

25 ted K parameters can be done by the use of a method described by J. Makhoul et al in "Unear Prediction 
of Speech". 

Thus, the periodicity detector 66 illustrated in the encoding device detects the pitch gain from the 
impulse response to supply the K parameter calculator 221 with the weighted or the unweighted K 
parameters encoded by the k parameter coder 223. With this structure, the frequency bandwidth is widened 

30 in the synthesizing filter when the periodicity of the impulse response is strong and the pitch gain increases. 
Therefore, it Is possible to prevent a frequency bandwidth from unfavorably becoming narrow for the first 
order formant. This shows that the interpolation of the excitation pulses can be favorably carried out in the 
primary calculation circuit 25 by the use of the excitation pulses derived from the representative subframe. 
In the periodicity detector 66, the periodicity of the impulse response may be detected only for the 

35 vowel duration . At any rate, the periodicity detector 66 can be implemented by a software program 
executed by a microprocessor like the sound source signal calculator 36 and the driving signal calculator 46 
illustrated in Rg. 1. Thus, the periodicity detector 66 monitors the periodicity of the impulse response as a 
subsidiary parameter in addition to the vocality. the nasal, the fricative, and the explosive and may be called 
a discriminator for discriminating the periodicity. 

40 Referring to Fig. 6, a communication system according to a third embodiment of this invention 
comprises an encoding device 70 and a decoding device 71 communicable with encoding device 70. In the 
example being illustrated, the encoder device 70 is similar in structure to that illustrated in Hg. 1 except that 
the classifying circuit 40 illustrated in Fig. 1 is removed from Fig. 6. Therefore, the monitoring result signal 
MR (shown in Fig. 1) is not supplied to a sound source sipnal calculator, a driving signal calculator, and a 

45 multiplexer which are therefore depicted at 36', 46', and 24 , respectively. 

In this connection, the sound source signal calculator 36' is operable in response to the cross- 
correlation coefficient Rhe(n), the autocorrelation coefficient Rhh(n), and the decoded pitch parameter Pd and 
is connected to the noise memory 37 and the correction factor calculator 39 like in Rg, 1 while the driving 
signal calculator 46' is supplied with the decoded sound source signals DS and the decoded pitch 

50 parameter Pd and is connected to the noise memory 37 like in Fig. 1. 

Like the sound source signal calculator 36 and the driving signal calculator 46 illustrated in Rg. 1, each 
of the sound source signal calculator 36' and the driving signal calculator 46' may be implemented by a 
microprocessor which executes a software program so as to carry out operation in a manner to be 
described below. Inasmuch as the other structural elements may be similar in operation and structure to 

55 those illustrated in Fig. 1, respectively, descrifstion will be mainly directed to the sound source signal 
calculator 36' and the driving signal calculator 46 . 

Now, the sound source signal calculator 36' calculates a pitch gain Pg in a known manner to compare 
the pitch gain with a threshold level Th and to determine either a voiced sound or an unvoiced (voiceless) 
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sound. Specifically, when the pitch gain Pg is higher than the threshold level TH. the sound source signal 
calculator 36 judges a speech signal as the voiced sound. Otherwise, the sound source signal calculator 
36 judges the speech signal as the_ voiceless sound. 

During the voiced sound, the sound source signal calculator 36' at first divides a single frame into a 

5 plurality of the subfrannes by the use of the average pitch period t' specified by the decoded pitch 
parameter Pd. The sound source signal calculator 36' calculates a predetermined number of the excitation 
pulses as sound source signals during the representative subframe in the manner described in conjunction 
with Fig. 1 and thereafter calculates amplitudes and locations of the excitation pulses. In the remaining 
subframes (depicted at k) except the representative subframe, the correction factor calculator 39 is 

70 accessed by the sound source signal calculator 36' to calculate the amplitude and the phase correction 
factors Ck and dk in the manner described in conjunction with Rg. 1. Calculation of the amplitude and the 
phase correction factors Ck and dk has been already described with reference to Fig. 1 and will therefore not 
be mentioned any longer. The amplitudes and the locations of the excitation pulses and the amplitude and 
the phase correction factors Ck and dk are produced as the primary sound source signals. 

75 During the voiceless sound, the sound source signals calculator 36' calculates a preselected number of 
multi-pulse or excitation pulses and a noise signal as the secondary sound source signals. For this purpose, 
the sound source signal calculator 36 accesses the noise memory 37 which memories a plurality of noise 
signals to calculate indices and gains. Such calculations of the excitation pulses and the indices and the 
gains of the noise signals are carried out at every subframe in a manner described in the second reference. 

20 Thus, the sound source signals calculator 36' produces amplitudes and locations of the excitation pulses 
and the indices and the gains of the noise signals at every one of the subframes except the representative 
subframe. 

During the voice sound, the coding circuit 45 codes the amplitude gi and the locations mi of the 
excitation pulses extracted from the representative subframe into coded amplitudes and locations each of 

25 which is represented by a prescribed number of bits. In addition, the coding circuit 45 also codes a position 
signal indicative of the representative subframe and the amplitude and the phase correction factors into a 
coded position signal and coded amplitude and phase correction factors. During the voiceless sound, the 
coding circuit 45 codes the indices and the gains together with the amplitudes and the locations of the 
excitation pulses. Moreover, the above-mentioned coded signals, such as the code amplitudes and the 

30 coded locations, are decoded within the coding circuit 45 into a sequence of decoded sound source signals 
DS, as mentioned in conjunction with Hg. 1 . 

The decoded sound source signals DS are delivered to the driving signal calculator 46' which is also 
supplied with the decoded pitch parameter Pd from the pitch parameter coder 224. During the voiced 
sound, the driving signal calculator 46' divides a single frame into a plurality of subframes by the use of the 

35 average pitch period specified by the decoded pitch parameter Pd and thereafter reproduces excitation 
pulses by the use of the position signal, the decoded amplitudes, and the decoded locations during the 
representative subframe. During the remaining subframes, sound source signals are reproduced in accor- 
dance with Equation (7) by the use of the reproduced excitation pulses and the decoded amplitude and 
phase correction factors. 

40 On the other hand, the driving signal calculator 46' reproduces, during the voiceless sound, excitation 
pulses in the known manner and sound source signals which are obtained by accessing the noise memory 
37 by the use of the indices to read the noise signals out of the noise memory 37 and by multiplying the 
noise signals by the gains. Such a reproduction of the sound source signals is known in the second 
reference. 

45 At any rate, reproduced sound source signals are calculated in the driving signal calculator 46' and sent 
as a sequence of driving signals to the synthesizing filter 48 during the voiced and the voiceless sounds.' 
The synthesizing filter 48 is connected to and controlled by the interpolator 50 in the manner illustrated in 
Fig. 1. During the voiced sound, the interpolator 50 interpolates, at every subframe, K parameters obtained 
by converting linear prediction coefficients ai' given from the K parameter coder 223 and which thereafter 

50 inversely converts the K parameters into converted linear prediction coefficients. However, no interpolation 
is carried out in the interpolator 50 during the unvoiced sound. 

Supplied with the driving signals and the converted linear prediction coefficients, the synthesizing filter 
48 synthesizes a synthesized speech signal and additionally produces, for the signal frame, an influence 
signal which is indicative of an Influence exerted on the following frame. 

55 In any even, the illustrated multiplexer 24' produces a code combination of sound source signal codes, 
codes indicative of either the voiced sound or the voiceless sound, a position code indicative of a position 
of the representative subframe, a code indicative of the average pitch period, codes indicative of the K 
parameters, and codes indicative of the amplitude and the phase correction factors. Such a code 
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combination is transmitted as a sequence of output signals OUT to the decoding device 71 illustrated in a 
lower portion of Fig. 6. 

The decoding device 71 illustrated in Fig. 6 is similar in structure and operation to that illustrated in Fig. 
4 except that a voiced/voiceless code VL is given fronn the demultiplexer 51 to both the main decoder 55 

5 and the driving signal regenerator 56 Instead of the sound species code SP (Fig. 4) to represent either the 
voiced sound or the voiceless sound. Therefore, the illustrated main decoder 55 and the driving, signal 
regenerator 56 carries out operations in consideration of the voiced/voiceless code VL. Thus, the main 
decoder 55 decodes the sound source codes SS into sound source signals during the voiced and the 
voiceless sounds. In addition, the driving signal regenerator 56 supplies the synthesizing filter circuit 62 v/ith 

•10 the driving sound source signals DS'. Any other operation of the decoding device 71 is similar to that 
illustrated in Fig. 4 and will therefore not be described. 

While this Invention has thus far been described in conjunction with a few embodiments thereof, it will 
readily be possible for those skilled in the art to put this invention into practice in various other manners. 
For example, the spectrum parameter may be any other parameters, such as an LPS, a cepstrum, an 

15 improved cepstrum, a generalized cepstrum. a melcepstrum. In the interpolator 50 and the decoder 
interpolator 61 , interpolation is carried out by a paper contributed by Atal et al to Journal Acoust. Cos. Am., 
and entitled "Speech Analysis and Synthesis by Linear Prediction of Speech Waves" (pp. 637-655). The 
phase correction factor dk may not always be transmitted when the decoded average pitch period T is 
interpolated at every subframe. The amplitude correction factor Ck may approximate each calculated 

20 amplitude correction factor by a least square curve or line and may be represented by a factor of the least 
square curve or line. In this event, the amplitude correction factor may not be transmitted at every subframe 
but intermittently transmitted. As a result, an amont of information can be reduced for transmitting the 
con-ection factors. Each frame may be continuously divided into the subframes from a previous frame or 
may be divided by methods disclosed in Japanese Patent Applications Nos. Syo 59-272435, namely. 

25 272435/1984 and Syo 60-17891 1 , namely, 1 7891 1 /1 985. 

in order to considerably reduce an amount of calculations, a preselected subframe may be fixedly 
detennined in each frame as a representative subframe during the vowel or the voiced sound. For example, 
such a preselected subframe may be a center subframe located at a center of each frame or a subframe 
having maximum power within each frame. This dispenses with calculations carried out by the use of 

30 Equations (5) and (6) to search for a representative subframe, although a speech quality might be slightly 
degraded. In addition, the influence signal may not be calculated on the transmitting end so as to reduce an 
amount of calculations. On the receiving end. an adaptive post filter may be located after the synthesizing 
filter circuit 62 so as to respond to at least one of the pitch and a spectrum envelope. The adaptive post 
filter is helpful for improving a perceptual characteristic by shaping a quantization noise. Such an adaptive 

35 post filter is disclosed by Kroon et al in a paper entitled "A Class of Analysis-by-synthesis Predictive 
Coders for Higher Quality at Rates between 4.8 and 16 kb/s" (IEEE JSAC, vol. 6, 2, pp. 353-363, 1988). 

It is known in the art that the autocorrelation function and the cross-correlation function can be made to 
correspond to power spectrum and a cross-power spectrum which are calculated along a frequency axis, 
respectively. Accordingly, similar operation can be carried out by the use of the power spectrum and the 

40 cross-power spectrum. The power and the cross-power spectra can be calculated by a method disclosed 
by Oppenheim et al in "Digital Signal Processing" (Prentice-Halt, 1975). 



Claims 

45 

1 . In an encoder device supplied with a sequence of digital speech signals at every frame to produce a 
sequence of output signals, said encoder device comprising parameter calculation means responsive to 
said digital speech signals for calculating first and second primary parameters which specify a spectrum 
envelope and a pitch of the digital speech signals at every frame to produce first and second parameter 

50 signals representative of said spectrum envelope and said pitch, respectively, primary calculation means 
coupled to said parameter calculation means for calculating a set of calculation result signals representative 
of said digital speech signals, and output signals producing means for producing said set of the calculation 
result signals as said output signal sequence, the improvement wherein said encoder device comprises: 
subsidiary parameter monitoring means operable in cooperation with said parameter calculation means for 

55 monitoring a subsidiary parameter which is different from said first and said second primary parameters to 
specify said digital speech signals at every frame, said subsidiary monitoring means thereby producing a 
monitoring result signal representative of a result of monitoring said subsidiary parameter; 
said primary calculation nneans comprising: 
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processing means supplied with said digital speech signals, said first and said second primary parameter 
signals, and said monitoring result signal for processing said digital speech signals to selectively produce a 
first set of primary sound source signals and a second set of secondary sound source signals different from 
said first set of the primary sound source signals, said first set of the primary sound source signals being 

5 formed by as set of excitation pulses calculated with respect to a selected one of subframes which result 
from dividing every frame in dependency upon said second primary parameter signal and each of which is 
shorter than said frame and a subsidiary information signal calculated with respect to the remaining 
subframes except said selected one of the subframes on production of said set of the excitation pulses; and 
means for supplying a combination of said primary and said secondary sound source signals to said output 

10 signal producing means as said calculation result signals. 

2. An encoder device as claimed in Claim 1 , said subsidiary parameter being representative of species 
of the digital speech signals, wherein said subsidiary parameter monitoring means comprises: 
classifying means supplied with said digital speech signals for classifying said subsidiary parameter into a 
plurality of classes determined for the respective species of the digital speech signals to produce a class 

75 identification signal representative of said classes after extraction of said subsidiary parameter from said 
digital speech signals; and 

means for supplying said class identification signal to said primary calculation means as said monitoring 
result signal. 

3. An encoder device as claimed in Claim 2. the species of said digital speech signals being classified 
20 into vocality, nasal, fricative, and explosive, wherein said processing means selectively produces the first 

set of the primary sound source signals when the monitoring result signal is representative of said vocality 
and, othen/vise, to produce the second set of the sound source signals. 

4. An encoder device as claimed in Claim 3, wherein said processing means comprises: 

excitation pulse producing means supplied with said digital speech signals at every frame for producing 
25 said set of the excitation pulses during said selected one of the subframes when said monitoring result 
signal is representative of said vocality; and 

subsidiary information producing means for producing, during the remaining subframes, said subsidiary 
information signal which is for adjusting at least one of an amplitude and a phase of said primary excitation 
pulses. 

30 5. An encoder device as claimed in any one of Claims 1 to 4. wherein said subsidiary parameter 
monitoring means monitors, as said subsidiary parameter, periodicity of an impulse response of a 
synthesizing filter determined by said first primary parameter to decide whether or not the periodicity of the 
impulse response is higher than a predetermined threshold level and comprises: 
threshold means for producing said predetermined threshold level; 

35 periodicity detecting means coupled to said parameter calculation means and said threshold means and 
supplied with said first primary parameter for detecting whether or not said periodicity of the impulse 
response is higher than said predetermined threshold level to produce a periodicity signal when said 
periodicity is higher than said predetermined threshold level; and 

means for supplying said periodicity signal to said parameter calculation means as said monitoring result 
40 signal to weight said first primary parameter on the basis of said periodicity signal and to make said 
parameter calculation means produce the first primary parameter weighted by said periodicity signal. 

6. A decoder device communicable with the encoder device claimed in any one of Claims 1 to 5 
produce a sequence of synthesized speech signals, said decoder device being supplied with said output 
signal sequence as a sequence of reception signals which carries said first set of the primary sound source 

45 signals, said second set of the secondary sound source signals, said first and said second primary 
parameters, and said subsidiary parameter, said decoder device comprising: 

demultiplexing means supplied with said reception signal sequence for demultiplexing said reception signal 
sequence into the primary and the secondary sound source signals, the first and the second primary 
parameters, and the subsidiary parameter as primary and secondary sound source codes, first and second 
50 parameter codes, and a subsidiary parameter code, respectively, said primary sound source codes 
conveying said set of the excitation pulses and said subsidiary information signal which are demultiplexed 
into excitation pulse codes and a subsidiary information code, respectively; 

reproducing means coupled to said demultiplexing means for reproducing said primary and said secondary 
sound source codes into a sequence of driving sound source signals by using said subsidiary information 
55 signal, said first and said second parameter codes, and said subsidiary parameter code; and 

means coupled to said reproducing means for synthesizing said driving sound source signals into said 
synthesized speech signals. 

7. A decoder device as claimed in Claim 6, wherein said reproducing means comprises: 

14 
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first decoding mens supplied with said primary and said secondary sound source codes and said subsidiary 
parameter code for decoding said primary and said secondary sound source codes into primary and 
secondary decoded sound sourace signals, respectively; 

second decoding means supplied with said subsidiary information code from said demultiplexing means for 
5 decoding said subsidiary information code into a decoded subsidiary code; 

third decoding means supplied with said first and said second parameter codes from said demultiplexing 
means for decoding said first and said second parameter codes into and second decoded parameter codes, 
respectively; 

means coupled to said first through said third decoding means for reproducing said primary and said 
10 secondary decoded sound source signals into said driving sound source signals by the use of said decoded 
subsidiary code, said first and said second decoded parameter codes, and said subsidiary parameter code. 

8. In a encoder device supplied with a sequence of digital speech signals at every frame to produce a 
sequence of output signals, said encoder device comprising parameter calculation means responsive to 
said digital speech signals for calculating first and second primary parameters which specify a spectrum 

75 envelope and. a pitch of the digital speech signals at every frame to produce first and second parameter 
signals representative of said spectrum envelope and said pitch, respectively, primary calculation means 
coupled to said parameter calculation means for calculating a set of calculation result signals representative 
of said digital speech signals, and output signal producing means for producing said set of the calculation 
result signals as said output signal sequence,- said digital speech signals being classifying a voiced sound 

20 and a voiceless sound, the improvement wherein said primary calculation means comprises: 

processing means supplied with said digital speech signals and said first and said second primary 
parameters for processing said digital speech signals to selectively produce a first set of primary sound 
source signals and a second set of secondary sound source signals during said voiced sound and said 
voiceless sound, respectively, said first set of the primary sound source signals being formed by as set of 

25 excitation pulses calculated with respect to a selected one of subframes which result from dividing every 
frame in dependency upon said second primary parameter signal and each of which is shorter than said 
frame and a subsidiary information signal calculated with respect to the remaining subframes except said 
selected one of the subframes on production of said set of the excitation pulses; and 
means for supplying a combination of said first and said second sets of the sound source signals to said 

30 output signal producing means as said calculation result signals. 

9. A decoder device communicable with the encoder device claimed in Claim 8 to produce a sequence 
of synthesized speech signals, said decoder device being supplied with said output signal sequence as a 
sequence of reception signals which carries said first set of the primary sound source signals, said second 
set of the secondary sound source signals, said first and said second primary parameters, said decoder 

35 device comprising: 

demultiplexing means supplied with said reception signal sequence for demultiplexing said reception signal 
sequence into the primary and the secondary sound source signals and the first and the second primary 
parameters as primary and secondary sound source codes and first and second parameter codes, 
respectively, said primary sound source codes conveying said set of the excitation pulses and said 
40 subsidiary information signal which are demultiplexed into excitation pulse codes and a subsidiary 
information code by said demultiplexing means, respectively: 

reproducing means coupled to said demultiplexing means for reproducing said primary and said secondary 
sound source codes into a sequence of driving sound source signals by using said first and said second 
parameter codes, and said subsidiary information code; and 
45 means coupled to said reproducing means for synthesizing said driving sound source signals into said 
synthesized speech signals. 
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0 In an encoder device which is for use in com- 
bination with a decoder device in a communication 
system and which encodes a sequence of digital 
speech signals into a sequence of output signals by 
the use of a spectrum parameter and a pitch param- 
eter, a subsidiary parameter of the digital speech 
signals is detected and by a monitoring circuit to 
classify the digital speech signals into a voiced 
sound and a voiceless sound or into vocality, nasal, 
fricative, and explosive at every frame. On detection 
of the voiced sound or the vocality, a predetermined 
number of excitation pulses are calculated only dur- 
ing a representative subframe after dividing each 
frame into a plurality of subframes by the use of the 



pitch parameter and are produced as primary sound 
source signals together with a subsidiary information 
signal which_is produced during the remaining sub- 
frames and which may be representative of a correc- 
tion factor of an amplitude and a phase in each of 
the subframes. On detection of the voiceless sound 
or the nasal, the fricative, and the explosive, noise 
signals and/or a plurality of excitation pulses are 
calculated for each frame and produced as secon- 
dary sound source signals. Alternatively, the subsid- 
iary parameter may represent periodicity of an im- 
pulse response of a synthesizing filter formed by the 
spectrum parameter. 
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